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[57] ABSTRACT 

A system for processing an audio signal for playback 
over headphones in which the apparent sound source is 
located outside of the head of the listener processes the 
input signal as if it were made up of a direct wave por- 
tion, an early reflections portion, and a reverberations 
portion. The direct wave portion of the signal is pro- 
cessed in filters whose filter coefficients are chosen 
based upon the desired azimuth of the virtual sound 
source location. The early reflection portion is passed 
through a bank of filters connected in parallel whose 
coefficients are chosen based on each reflection azi- 
muth. The outputs of these filters are passed through 
scalars to adjust the amplitude to simulate a desired 
range of the virtual sound source. The reverberation 
portion is processed without any sound source location 
information, using a random number generator, for 
example, and the output is attenuated in an exponential 
attenuator to be faded out. The outputs of the scalars 
and attenuators are then all summed to produce left and 
right headphone signals for playback over the respec- 
tive headphone transducers. 

8 Claims, 8 Drawing Sheets 
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STEREO HEADPHONE SOUND SOURCE OBJECTS AND SUMMARY OF THE 

LOCALIZATION SYSTEM INVENTION 

Accordingly, it is an object of the present invention 
BACKGROUND OF THE INVENTION 5 to provide an apparatus for processing audio signals for 

'1. Field of the Invention playback over headphones in which the sounds appear 

This invention relates generally to sound image pro- to ^ listener to *» emanating from a source located 

cessing for reproducing audio signals over headphones outside ° f the listener's head at a location in the space 
and, more particularly, to apparatus for causing the IA surroundin S ^ listener. 

sounds reproduced over the headphones to appear to 11 * another ob J ect of tnis invention to provide appa- 

the listener to be emanating from a source outside of the ratus for reproducing audio signals over headphones in 

listener's head and also to permit such apparent sound which ±e ^P^ent location of the source of the audio 

location to be changed in position. signals is located outside of the listener's head and in 

2. Description of the Background , 5 which aPP^ 114 location can be made to move in 

In view of the generally crowded nature of modern re ^ t ! on t0 ^ listener - 

society, headphones and small earphones have been "is a further object of this invention to provide appa- 

becoming more and more popular in providing personal rat ^ fo . r caurin « m a PParent location of the source of 

musical entertainment. In addition, headphones are a " dl ° s,gnals to outside of head of head - 
frequently used when playing video games when other 2 0 F " e USe ^ d fa -* hk * ^ user can Muse the apparent 

are in the room. Although many headphones provide l ^° a I t0 m0VC by °P eration of a 

very good fidelity in reproducing the original sounds dev,Ce ' such 85 a i0 Y^ ck - 

and also provide generally good stereo effects, such . *" 1 « J0 ^ nce an aspect of the present inven- 

stereo effects really are based on sounds being either ^ f n -™ dl ? slgnal u K processed to produce two 
directly at the left ear or the right ear. In balanced 25 S, f^ S f ° r P 1 *^** ^over the :left and right transducers 

signals, such as a monaural signal, where the signal at ° f a W^.*^.™ Smg * m P u, , s, « nal ,s 

each ear is approximately thelame, thesound wUlap- ^^f^^o^mfo^Uonsot^Xth^. 

pear to the listener to be originating from a source at the mtsom ? of * e B someplace on a circle 

center of his head. This is not considered a generally "J"?"* *» *• Oner's head, 

pleasant experience and is fatiguing to the listener after 30 ."Pf 1 of P~* j nventI0n «™*« 

a short period of time providing signal processmg filters that are specifically 

tu;* :„ »,« i . j i „ ^ . selected to deal with different portions of a signal wave- 

I nis m-tne-head sound placement is not present when «• . • , ^ * r ,. K . 

___.j„„- „ r , . „ , . . , F ^ 7 form as it might be present at an ear of a listener seated 

KfEJS rSS1?r2^ insideatypicalroom environ.^ 

™™h !S ^ t C T r v m . f*^* with ^ own peculiarities in order to reduce the hard- 

ET£ t w ° f ^P^ 1 ware requirement in the overall signal processing sys- 

StCre °^f ^ g ^ * readfl y acco r tem. In addition, by recognizing the s^cific inherent 

SSSi ,k y * S ?f stoeo "na^ng generally features of the various portions of the reacted signal, it 

available with « pair of loudspeakers, but recent ad- 40 ^ ible to ^ f £ erin m]n less extensiv * ^ 

vances in diptalsigr^ processors have permitted digi- ^ mters ^ £ ereb provide further hardware savings, 

^mtenng to be applied to audio signals to selectively The above and other objects, features, and advan- 

posnion the apparent sound origins even outside of the ^ of me t mvention ^ haxm t 

fixed locations of the two stereo speakers. In other from the following detailed description of illustrative 

words, transfer functions are available to selectively embodiments thereof, to be read in conjunction with the 

ocate a sound origin and by sequentially selecting such accompanying drawings in which like reference numer- 

transfer functions it is possible to create virtual sound als represent the same or similar elements, 
image locations that appear to move relative to the 

stationary listener. BRIEF DESCRIPTION OF THE DRAWINGS 

Even though such systems are apparently made possi- FIG. 1 is a representation of a sound wave received at 

ble due to the human physiology, applying the same 0 ne ear of a listener sitting in a room with the sound 

transfer functions used in the loudspeaker application to source being a single loudspeaker; 

headphones has not resulted in acceptable results. Mov- FIG. 2 is a diagrammatic representation of a listener 

mg locations are not possible except the extremes from 55 in the room receiving the room impulse from the loud- 

the left ear to the right ear, or vice versa, and more speaker; 

times than not the sound image still remains inside the FIG.' 3 is a schematic in block diagram form of a 

listener's head. Quite probably this non-correlation be- headphone processing system according to an embodi- 

tween headphones and loudspeakers is due to the man- ment of the present invention; 

ner in which the human brain interprets the different 60 FIG. 4 is table of typical amplitude and delay values 

times of arrival and different amplitudes of audio signals for various angles of sound placement; 

at the respective ears of the listener. FIG. 5 is a schematic in block diagram form of a 

Therefore, a system that can provide an apparent or headphone signal processor in which range control is 

virtual sound location out of the headphone user's head provided according to an embodiment of the present 

is highly desirable and, moreover, a system in which the 65 invention; 

apparent sound source could be made to move, prefera- FIGS. 6A-6C represent examples of filter reflections 

bly at the instigation of the user, would also be highly relative to a sound wave according to an embodiment of 

desirable. the present invention; 
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FIG. 7 is a schematic in block diagram form of a Once the appropriate location patterns have been ob- 

headphone signal processor employing range process- tained then by following the present invention any input 

ing according to an embodiment of the present inven- audio signal can be processed to simulate a sound source 

tl0 °; location corresponding to one of the patterns that has 

FIG. 8 is a schematic showing an element in the em- 5 been determined. It has been determined that using a 

bodiment of FIG. 7 in more detail; digital filter with approximately 6,000 taps that a signal 

FIG. 9 shows the operation of an element used in the such as shown in FIG. 1 and obtained using the set up 

embodiment of FIG. 7 in more detail; of FIG. 2 can be simulated. Clearly, however, such a 

FIG. 10 is a schematic in block diagram form of a large filter is not practical for a commercially available 

headphone signal processor employing range process- 10 system. Therefore, the present invention teaches a more 

ing according to a second embodiment of the present economical system, such as shown in FIG. 3. 

m Y^ on J ™ d Referring to FIG. 3, an audio signal is fed in at termi- 

FIG. 11 is a schematic in block diagram form of a nal 30 and is fed directly to a left head-related transfer 

headphone signal processor according to a third em- function device 32 and a right head-related transfer 

bodiment of the present invention. 15 function device 34. This terminology is selected al- 

DETAILED DESCRIPTION OF PREFERRED £^J?^ devi ?f fa ?> fllters < FIRs >' 

EMBODIMENTS These filters provide transfer functions derived using 

. t the system of FIG. 2 that relate the direct wave portion 

The present invention operates upon an audio signal of the sound signal as represented in FIG. 1. In place of 
in a fashion to recreate over headphones a signal that 20 the head-related transfer function filters frequency de- 
has been produced from a loudspeaker or transducer in pendent phase and amplitude filters may be substituted, 
a room containing the listener. In other words, an input Although the direct wave portion of the head-related 
audio signal is processed as if the signal were, in fact, transfer function can be processed extensively, it has 
being received at the ears of the listener residing in a been determined that by utilizing a transfer function 
room. The invention is based upon the realization that 25 corresponding to a location directly in front of a lis- 
such a sound signal is basically divided into three por- tener, that is, at 12 o'clock and then adjusting the ampli- 
tions. The first portion is the direct wave portion that tude and delay corresponding to the indirect sides of the 
represents the sound being directly received at the ear head-related transfer function, it is possible to achieve 
of the listener. FIG. 1 represents a typical sound wave all azimuths over a 180° span using a single head-related 
produced by a loudspeaker in a room and received at 30 transfer function filter. 

the ear of a listener, and the direct wave portion is, of FIG. 4 represents a table of values suitable for obtain- 
course, the first portion of such sound wave. The sec- ing these results. The values at lines 1 and 2 represent 
ond portion is then made up of a number of early reflec- the image at the right ear, as might be present between 
tion portions that are of decreased amplitude based 12 o'clock and 3 o'clock, whereas the values at lines 4 
upon the amount of attenuation caused by the reflection 35 and 5 represent the image at the left ear, as might be 
path and represent the original signal being reflected present between 12 o'clock and 9 o'clock, 
from the walls, floor, and ceiling of the room containing Turning back to FIG. 3, the output of the two filters 
the listener. The third portion is the final portion ac- 32 and 34 are fed respectively through scalars 36 and 38. 
cording to the present invention and represents the tail These scalars 36, 38 add a weighting factor that pro- 
or so-called reverberations, which are the multiple re- 40 vides information as to the distance between the head- 
flections of the sound wave after having been bounced phone listener and the apparent sound source. The 
off the walls, floor, and ceiling a number of times so that scaled direct-wave left and right signals are then fed to 
the original direct wave has now been severely reduced adders 40 and 42 to be used in making up the left and 
in amplitude and is completely incoherent as to any right channel outputs. A number of filters representing 
directional information contained therein. 45 the early reflections portion of the sound wave of FIG. 

one approach to developing a transfer function repre- 1 are also connected to receive the input signal fed in at 
senting a sound wave such as shown in FIG. lis shown input 30. Specifically, head-related transfer function 
in FIG. 2. Such transfer function will then provide the filters 44, 46 form a left and right pair, as do head- 
filter coefficients to be utilized in a digital filter, such as related transfer function filters 48, 50 and 52, 54. These 
an FIR. In FIG. 2, a listener 10 is located within a room 50 early reflection or secondary reflection filters can be 
12 and the dashed line 14 surrounding the listener repre- substantially shorter than the direct-wave, head-related 
sents the range of locations that are possible in creating transfer function filters 32 and 34. 
an out-of-head sound source location. These locations As will be shown in FIGS. 6A-6C, the present inven- 
and the transfer functions corresponding to different tion includes the realization that by using a so-called 
locations around the circle 14 form the so-called head 55 short head filter or sparse filter that it is possible to do 
filter. The filter coefficients of the head filter may be time domain convolution and eliminate the use of long 
determined empirically for each ear 16, 18 of the lis- FIR filters that would typically employ a number of 
tener 10 and for each location using the set up of FIG. zero intermediate taps between the taps whereat the 
2. A loudspeaker 18 can be arranged within the room 12 actual signals of interest reside, 
and directed so that the sound produced reaches the 60 The coefficients for filters 44 through 54 correspond 
ears 16, 18 over direct paths 20, 22 and also over re- to the early reflections shown in FIG. 1 that have been 
fleeted paths, two of which are shown at 24, 26, that are derived using a set-up such as shown in FIG. 2. As with 
present when the sound is reflected by walls 28, 30, the direct-wave filters, each of the early reflection ftl- 
respectively of the room 12. By moving the speaker 18 ters includes a respective scalar in its output. Again, the 
to various locations around the listener 10 and detecting 65 scalars can provide a weighting function that imparts 
the signal waveforms using a microphone at the right information concerning distance between the listener 
ear 16 of the listener and then at the left ear 18 of the and the virtual sound source location. Specifically, the 
listener, a library of sound positions can be built up. output of the filter 44 is fed through a scalar 56 to the 
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left-channel adder 40. The output of the filter 46 is fed range processor 102 that can be thought of as consisting 

through a scalar 58 to the right-channel adder 42. The of the various scalars and the like shown in FIG. 3. 

output of the filter 48 is fed through a scalar 60 to the Thus, a range control signal is fed in on line 104 from 

left-channel adder 40 as is the output of the filter 52 fed a range control unit 106 that again includes some device 

through scalar 64. The early reflection filter 50 has its 5 that can be controlled by the user, in the case of the 

output fed through a scalar 62 as does the filter 54 video game, or that can be controlled by a program, in 

through a scalar 66. Although three separate filter pairs the case of a predetermined sequence of ranges to be 

are shown for processing the early reflections portion of simulated. The range processor then may be seen to be 

the signal, as few as one pair may be used. performing the appropriate processing on the early 

As seen from the tail portion of the sound waveform 10 reflections part of the audio signal and on the reverbera- 

of FIG. 1, the reverberation portion is similar to white ^on part of the audio signal, with the outputs corre- 

noise. Therefore, it is not necessary to provide a filter sponding to the early reflections being fed to the azi- 

having specific filter coefficients but, rather, it is possi- muth processor 92 and the outputs relating to the tail or 

ble to use a pseudo-random binary sequence generator reverberation portions being fed to adders 98 and 100 

to produce random values that can then simulate these 15 on lines 112 » respectively, 

reverberation portions. Thus, the audio signal fed in at ^ notc( * earlier* it is possible to accomplish a sound 

input terminal 30 is also fed to a pseudo-random binary location over approximately 180* using only a single 

sequence generator 68 for the left channel and to a head-related transfer function filter by controlling the 

pseudo-random binary sequence generator 70 for the ^les amplitudes of the various samples using val- 

right channel. In place of specific scalars, it is then 20 ues shown in Fia 4 and ' for that rcason > azimuth 

possible to use exponential attenuators in the outputs so processor 92 is represented as including a 12 o'clock 

that the power in the audio signal waveforms simply position unit. 

dies down. Thus, the output of the pseudo-random bi- . FIG * 6A re P resents a "P^ waveform such as shown 

nary sequence generator 68 is fed through an exponen- „ mFIG - % not f « simulated or processed 

tial attenuator 72 and added to the left-channel signal in 25 ^ « ™* mter hav f* approximately 5 £00 tops, 

adder 40, whereas the output of the pseudc-rLdom ^ ^ 6A re P resents a so-called de ^e FIR filter 

binary sequence generator 70 is fed through exponential ° n actual ^m measurement. On the other 

attenuator 74 whose output is then fed to the right-chan- ^t^^X^T I' r 5* T 

nel adder 42. Thus, the fhree portions of the waveform , ft ****** Up ° n *V *T ° *^ und from the 

shown in FIG. 1 axe appropriately filtered or simulated 30 W ^ *™ " * e signals are 

™a *n r *£ u - TT . , , less densely distributed and, thus, a filter to process that 

ana all three portions are then combined in the channel . . A , , * » . _„ 

***** An on( ui ^ *u * *t. i & u j l , , signal might be viewed as a sparse filter. As seen in FIG. 

,22,1^ Z ?£? i ^J™*^?* 6B a series of spikes are present that represent initial 

Z^t t£* \ °" ?! "^J* early reflections and most of the data over the time of 

S?™S P iT iTl 18 Pr0Vlded * tCnmnal 78 " 35 Merest <>f zeros. ™th Points at only 100, 

the output of the adder «• 1110, 2100. Thus, if the input sample appears as shown 

In the system of Fia 3, the showing is for one parte- ^ na gc, we need only look at the Sree data points 

!f^^ u *^' m ^' one Pf toc ^^ rftno «S h . shewn at T,,T2, and T 3 . This means that an entire filter 
it is understood, of course, that the scakrs such as necd not ^ ^ a del ^ ^ used by looking at 
shown at 36, 38, and 56 through 66 are all variable so 40 specific ^ m tbe del line . ^ ^ the calcula . 
^ ^f*™^ « fh« vable Similarly, it under- ^ of ^ left ^ rf ^ t values , snch ^ 
stood that the various head-related transfer function ^ values represented in FIG. 4. 
filters are filters that have their coefficients completely FI q. 7 re p rcS ents a system using the sparse filter in 
controllable such that different azimuths can be ob- which mput samples are fed in at terminals 120 to an 
tamed, again based upon the data derived using a system 45 azimuth-range processor 122. As noted, the azimuth- 
such as shown m FIG. 2. range piocessoi i2 2 provides scaling to the input sam- 
FIG. 5 shows the inventive system in somewhat less that are intended to relate to the simulated distance 
detail, but including the actual inputs for azimuth con- between the listener and the sound source. The 
trol and range control. In the embodiment of FIG. 5, an azimuth-range processor 122 is shown in more detail in 
mput audio sample is fed in through terminal 90 to an 50 FIG. 8, in which the inputs 120 are scaled and summed 
azimuth processor 92 that is essentially the embodiment to form two reverberation channels. More specifically, 
of FIG. 3. That is, a system of head-related transfer the input samples 120 are amplitude adjusted in scalars 
function filters that generate the simulation of the signal 123, 124, 125 to add range information to the signals on 
waveform of FIG. • 1. Also input to azimuth processor lines 126 that are to be subsequently azimuth processed. 
92 is an azimuth control signal on line 94 fed from an 55 The input samples 120 are also fed to scalars 127, 128, 
azimuth control unit 96. This azimuth control unit 96 129 to form amplitude, adjusted signals that are corn- 
might be a joystick or other type of game device when bined in a signal adder 130 to form a left-channel range 
this embodiment is used with a video game or it might adjusted signal on line 131 that is to be subsequently 
consist of a panning pot or actual program material that early reflection and reverberation processed. Similarly, 
contains a selected sequence of sound locations, that is, 60 the input samples 120 are also fed to scalars 132, 133, 
different azimuth angles for the locations of the virtual 134 to form amplitude adjusted signals that are corn- 
sound source. The azimuth control unit 96 provides the bined in a signal adder 135 to form a right-channel range 
different coefficient values for the several filters making adjusted signal on line 136 that is to be subsequendy 
up the azimuth processor 92. The azimuth processor 92 early reflection and reverberation processed, 
produces the direct wave portions of the sound signal 65 Turning back to FIG. 7, the samples representing the 
that are fed to appropriate signal adders, and the left direct wave portion, corresponding to the first segment 
channel is fed to adder 98 and the right channel to adder in FIG. 1, are fed on lines 126 from the azimuth-range 
100. The input sample at terminal 90 is also fed to a processor 122 to the azimuth processor 137. The azi- 
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muth processor 137 finds or identifies and applies num- that all signals arrive at the adders 173, 176 at the cor- 

bers from the delay/amplitude table, such as shown in rect time. 

FIG. 4. The azimuth processor 137 then produces a The early reflections processing and the direct wave 
front left signal on line 138, a front right signal on line processing for the front location and the back location 
139, a back left signal on line 140, and a back right signal 5 then combine and, specifically, the left channel is corn- 
on line 141. The front left signal is fed on line 138 to an bined in an adder 178 and the right channel is combined 
adder or signal summer 142 and the front right signal is in an adder 180. The output of adder 178 is fed to a 
fed on line 139 to a summer 143. Similarly, the back left delay line 182 and, similarly, the output of adder 180 is 
signal is fed on line 140 to a summer 144 and the back fed to delay line 184. These delay lines are provided, 
nght signal is fed on line 141 to another summer 145. 10 just as delay lines 172 and 174, to adjust the relative 
Although the pairs of signals are referred to as front and timings of the processing so that the waveforms can be 
back any other locations are also possible in keeping suitably constructed as shown in FIG. 1. The output of 
with the teaching of this invention. delay line 182, representing the processed direct and 
The signal representing the early reflections and the early reflection waves for the left channel for front and 
tail or reverberation portions, that is, the latter two 15 back locations is fed to summer 178 where it is com- 
portions of the waveform of FIG. 1, for the left channel bined with the left tail or reverberation processed sig- 
on line 131 is fed through a scalar 146 to a stereo delay nal, which does not have front and back information 
buffer 147 representing the left channel. This stereo and is available at the left output terminal 186. Simi- 
delay buffer 147 is just a long delay line that has two larly, the direct signal and early reflections for the right 
groups of taps corresponding to reflections for the front 20 channel are fed out of delay unit 184 to summer 176 
and back or for one or more other sound source loca- where they are combined with the processed reverbera- 
tions. Each group represents approximately 85 taps. tion portion for the right channel, which does not have 
Each tap of the group is fed through a respective ampli- front and back information, and is fed out on tenninal 
tude scalar, shown typically at 150, and the suitably 188. 

scaled left early reflections for a first or front location 25 FIG. 9 represents the processing that takes place in 
are summed in a summer 152 and fed to adder 142. The each of the delay buffers 147 and 160 in the embodiment 
output of adder 142 is then fed to a head-related transfer of FIG. 7 and shows how by suitably choosing the 
function filter 154 corresponding to the left side at the output taps, it is possible to produce the front and back 
front location. Similarly, the left early reflections for 3Q signals for the left or right channel without doing two 
the back or second location are summed in a summer steps of processing. That is, the phase and amplitude 
156 and the summed output fed to summer 144 whose values are represented on the abscissa with the appro- 
output is fed to a head-related transfer function filter priate amplitude and delay and then by separating into 
162corresponding to the left back position. front and back signals, for example, it is shown that the 
The light-channel signal on line 136 from the 35 differences between the two samples correspond to the 
azimuth-range processor 122 is fed through a scalar 159 original amplitude and delays of the single signal de- 
to a stereo delay buffer 160 representing the right chan- rived from the range processor. Note the amplitudes 
nel, which buffer is identical to buffer 147. The output and delay values correspond to the table shown in FIG. 
taps of the stereo delay buffer 160 corresponding to the 4. 

right-side at the front or first location, after having been 40 FIG. 10 shows another embodiment of the present 
suitably scaled in scalars 150, are summed in a summer invention in which the tail reverb processor is elimi- 
161 whose output is fed to summer 143 and then fed to nated and, instead, the corresponding output taps from 
head-related transfer function filter 158 corresponding the stereo delay buffers are processed through a pseudo- 
to the nght side at the front location. The outputs of the random binary sequence generator to produce signal 
delay buffer 160 corresponding to the right side at the 45 components corresponding to those late reflection or 
back or second location, after having been suitably tail portions. Specifically, outputs from the stereo delay 
scaled in scalars 150, are added in summer 164 and the buffer 147 representing the left side and specifically 
summed signal is then fed to adder 145. The summed representing the front left side are passed through a 
output of adder 145 is fed to a head-related transfer pseudo-random binary sequence generator 190 and are 
function filter 166 corresponding to the right side at the 50 summed in summer 152 and processed in the same fash- 
back location. j on as in the embodiment of FIG. 7. Similarly, the out- 
So far we have developed a processing for the direct put taps from the stereo delay buffer 147 corresponding 
wave and for the early reflection waves and it remains to the left rear are passed through a pseudo-random 
to process the tail portion for combining with the other binary sequence generator 192 and summed in summer 
elements. -Hie tail filters or reverberation processors 55 156. In the right channel, the outputs from the stereo 
from the left and nght sides are fed with the signals on delay buffer 160 are passed through a pseudo-random 
lines 131 and 136 after having been suitably scaled in binary sequence generator 194 and summed in summer 
scalars 167 and 168, respectively and then to a tail rever- 161 and the right tail components corresponding to the 
Deration processor 170 for the left locations and to a tail rear are output from the stereo delay buffer 160 and fed 
reverberation processor 171 for the right locations. 60 through a pseudo-random binary sequence generator 
These filters 170, 171 may be relatively long FIR filters 196 where they are summed in summer 164. The out- 
with fixed value coefficients or they may consist of the puts of summers 152, 156, 161, and 164 are processed in 
pseudo-random number generators such as shown in the same fashion as described in relation to the embodi- 
c i 3 \ I! 16 °^ Ut ° f reverberation processor 170 ment of FIG. 7. Because the tail-reverb processor is not 
L ^i^P^^^^^ 0 ^ 3 delay unit 172 to an 65 employed in this situation, the additional delays and 
adder 173, and the output of the reverberation proces- summers at the output of the embodiment of FIG. 7 are 
sor 171 for the right positions is fed through a delay unit not required. Optionally, if a heavy reverberation were 
174 to an adder 176. The delay units 172, 174 make sure desired, the embodiment of FIG. 7 could be employed 



with the additional pseudo-random binary sequence 
generators of the embodiment of FIG. 10 added therein. 

FIG. 11 shows still a further embodiment of the pres- 
ent invention in which directionality is added to the 
reverberation signal by taking the outputs of the tail 5 
reverberation processors 170 and 171 and adding them 
to the direct and early reflection signals before being 
passed through the head related transfer function pro- 
cessors. Specifically, the outputs of delay 172 corre- 
sponding to the tail reverberation for the left side is 10 
added in adder 198 to the output of adder 142 which 
represents the left front signal before being fed to the 
head related transfer function processor 154. On the 
other hand, the reverberation processing for the right 
channel, as output from delay unit 174, is fed to adder 15 
200 where it is added with the output of the right front 
portion from delay buffer 160 with the summed signal 
then being fed to adder 143 whose output is fed to the 
head related transfer function processor for the right 
component. Thus, it is seen that this will provide direc- 20 
tional processing to the reverberation signal along with 
the other two signal portions, as shown in FIG. 1. 

The above description is based on preferred embodi- 
ments of the present invention, however, it will be ap- 
parent that modifications and variations thereof could 25 
be effected by one with skill in the art without departing 
from the spirit or scope of the invention, which is to be 
determined by the following claims. 

What is claimed is: 

1. Apparatus for processing an input audio signal for 30 
playback over headphones in which an apparent source 
of the audio signal is located outside the head of the 
headphone user, comprising: 

left and right head related transfer function filters, 
each receiving the input audio signal and produc- 35 
ing a respective output signal, said left and right 
filters having predetermined coefficients based on a 
selected azimuth of the apparent source of the 
audio signal relative to the headphone user, 

a plurality of pairs of left and right filters each receiv- 40 
ing the input audio signal and producing a respec- 
tive output signal, said plurality of left and right 
filters having predetermined coefficients based on 
amplitude attenuated and time delayed portions of 
the input audio signal; . 45 

left and right pseudo-random signal generators each 
receiving the input audio signal and producing a 
respective output representing a delayed pseudo- 
random sequence of the input audio signal; and 

left and right signal summing means respectively 50 
receiving the outputs of said left and right head- 
related transfer function filters for summing with 
the respective outputs of said plurality of pairs of 
left and right filters and for summing with the re- 
spective outputs of said left and right pseudo-ran- 55 
dom signal generators to produce left and right 
summed output signals fed to left ear and right ear 
transducers of the headphones. 

2. The apparatus according to claim 1, further com- 
prising a plurality of amplitude scalars connected re- 60 
spectively to the outputs of said left and right head- 
related transfer function filters and said plurality of left 
and right filters for adjusting amplitudes of the outputs 
for imparting information relating to a range between 
the headphone user and the apparent source of the 65 
audio signal. 

3. The apparatus according to claim 2, further com- 
prising left and right exponential attenuators connected 
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respectively to the outputs of said left and right pseudo- 
random signal generators for exponentially decreasing 
amplitudes of the outputs over time to impart further 
information relating to the range between the head- 
phone user and the apparent source of the audio signal. 

4. Apparatus for processing an input audio signal for 
playback over headphones in which an apparent source 
of the audio signal is located outside the head of the 
headphone user, comprising: 

azimuth processor means receiving the input audio 
signal and producing left and right processed out- 
put signals, said azimuth processor means including 
left and right filters having coefficients based on an 
azimuth angle of the apparent source of the audio 
signal relative to the headphone user; 

azimuth control means for producing a control signal 
fed to said azimuth processor means for controlling 
the azimuth angle in response to azimuth informa- 
tion contained therein; 

range processor means receiving the input signal and 
producing left and right processed output signals 
that are attenuated in amplitude to represent a 
range between the apparent source of the audio 
signal and the headphone user; 

range control means for producing a control signal 
fed to said range processor means for controlling 
an amount of the amplitude attenuation in response 
to range information contained therein; and 

left and right signal summing means connected to 
sum the respective outputs from said azimuth pro- 
cessor means and said range processor means and 
produce left and right summed output signals fed to 
respective left and right ear transducers of the 
headphones. 

5. Apparatus for processing input audio signals for 
playback over headphones in which an apparent source 
of the audio signal is located outside of the head of the 
headphone user, comprising: 

range processor means receiving the input audio sig- 
nals and producing outputs therefrom that are at- 
tenuated in amplitude to represent a selected range 
between the location of the apparent sound source 
and the headphone user; 

azimuth processor means receiving outputs from said 
range processor means and producing a first plural- 
ity of outputs therefrom having information im- 
parted thereto relating to a selected azimuth angle 
between the apparatus location of the audio signal 
and the headphone user; 

delay buffer means receiving as an input signal an 
output from said range processor means for pro- 
ducing at a plurality of outputs the input signal 
having been delayed in time and attenuated in am- 
plitude, said delay buffer means including a plural- 
ity of signal adders each for adding selected out- 
puts of said delay buffer means and producing a 
plurality of outputs equal in number to said first 
plurality of outputs from said azimuth processor 
means; 

reverberation processor means receiving as in input 
signal the output from said range processor means 
fed to said delay buffer means for producing left 
and right reverberation outputs therefrom; 

a plurality of head-related transfer function filters 
respectively receiving said first plurality of outputs 
from said azimuth processor means and outputs 
from said plurality of signal adders in said delay 
buffer means and in which filter coefficients are set 
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by said information relating to the selected azimuth 
angle; 

signal summing means receiving outputs from said 
plurality of head-related transfer function filters 
and said from said reverberation processor means 
for producing left and right summed signals fed 
respectively to left and right ear transducers of the 
headphones. 

6. The apparatus of claim 5, wherein said signal sum- 
ming means comprises: 

a first pair of left and right signal summers connected 
respectively to left and right pairs of said plurality 
of head-related transfer function filters and produc- 
ing a left and a right output therefrom; and 

a second pair of left and right signal summers con- 
nected respectively to the left and right outputs of 
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said first pair of signal summers and to said left and 
right reverberation outputs and producing there- 
from said left and right summed signals. 

7. The apparatus according to claim 6, wherein said 
signal summing means further comprises first and sec- 
ond time delay means connected respectively between 
said first pair of signal summers and said second pair of 
signal summers. 

8. The apparatus according to claim 5 t wherein said 
delay buffer means includes four sets of plural output 
taps representing different time delayed versions of the 
signal input thereto and in which an amplitude scalar is 
connected in each output tap and in which one of said 
plurality of adders is connected to sum the respective 
sets of output taps. 
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